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(57) ABSTRACT 

A method of handling a data stream during a handover in a 
communications network comprising a ?rst user agent having 
a ?xed address, a proxy server and a second user agent, said 
method comprising the steps of: mapping at the proxy server 
the ?xed address with a dynamic network address allocated to 
the ?rst user agent; sending a request by the ?rst user agent to 
the second user agent for a data stream; generating by the 
second user agent in response to the request a plurality of 
messages each comprising part of the data stream requested 
and the ?xed address of the ?rst user agent, wherein the 
message is a session initiation protocol message, and sending 
the messages to the proxy server; receiving the messages at 
the proxy server and determining the mapped dynamic net 
work address corresponding to the ?xed address in the mes 
sage, and forwarding the messages to the determined 
dynamic network address; and when the ?rst user agent is 
allocated a new dynamic network address, replacing by the 
proxy server the mapped dynamic network address with the 
new dynamic network address and forwarding the received 
messages to the new dynamic network address. 
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FAST HANDOVER USING SIP 

FIELD OF THE INVENTION 

[0001] This invention relates to a method of handover of 
data stream in a mobile communications network, in particu 
lar a method of handover of real-time data using session 
initiation protocol messages. 

BACKGROUND TO THE INVENTION 

[0002] Communications netWorks that provide a user With 
mobile data access are commonplace today. For example, 
IEEE 802.1 1 (Wi-Fi) netWorks can provide an authoriseduser 
With netWork access in the home, in the of?ce, or even in a 
public place Without the need for a permanent ?xed connec 
tion. Whilst netWorks such as Wi-Fi alloW a user a fair degree 
of freedom to roam to Wherever there coverage and still 
maintain a netWork connection, there are many problems 
associated With trying to provide seamless data access Whilst 
moving betWeen coverage areas or netWorks. One of these 
relates to the handover of active data sessions. 
[0003] To illustrate this problem, let us consider the folloW 
ing example. A user With a laptop connects to a Wi-Fi hotspot 
served by particular access points, and is allocated an Internet 
Protocol (IP) address. The user then roams to a different part 
of the hotspot covered by a different access point. The con 
nection With the ?rst access point Will be lost, as Will the 
original IP address, and a neW connection Will be established 
With the second access point and a neW IP address Will be 
assigned. Indeed, a change in IP address Will be necessary 
Whenever a user moves from one IP subnet to another IP 

subnet, irrespective of Whether there is a change of access 
points. If the laptop Was engaged in an active data session 
With the netWork, for example Whilst doWnloading a multi 
media ?le from a remote data source, then that session Will be 
interrupted When the ?rst connection is terminated. HoWever, 
resumption of the multimedia doWnload that Was occurring 
before handover does not automatically occur When the lap 
top reconnects to the netWork, as the change in IP address 
requires a neW session to be created and the data routed from 
the data source to the neW IP address. Without this; the data 
source Will only have the original IP address to send data to 
and thus transmissions to this IP address Will never reach the 
laptop. 
[0004] One protocol that has been suggested to solve this 
problem is the session initiation protocol (SIP), Which can be 
adapted to handle handover’s betWeen netWorks. 
[0005] SIP is an application-layer signalling protocol 
developed by the Internet Engineering Task Force (IETF) for 
initiating, modifying, and terminating real-time user sessions 
over an IP netWork. SIP is a signalling protocol that enables 
one user device to open a session With another user device and 
to negotiate the parameters for the session. The actual data to 
be exchanged, be it audio, video or multimedia content, dur 
ing the session betWeen the user devices is done using an 
appropriate transport protocol. In many cases, the transport 
protocol is RTP (real time transport protocol). The session 
description protocol (SDP) is used by SIP to de?ne the format 
and parameters relating to the (RTP) data session. 
[0006] Under SIP, a server Wishing to send data to a user 
device ?rst needs to establish a session With that device using 
SIP. This is done by sending an SIP Invite message to the 
universal resource indicator (URI) associated With the user 
device, Which is a ?xed address of the format “sip: 
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user@domain”. This message is sent via a SIP proxy server, 
Which maps it onto the actual IP address of the user device and 
forWard the message on accordingly. Once the user device 
accepts the invitation, a RTP session is opened, Which alloWs 
the server to send data directly to the user device according to 
its IP address negotiated during the session set-up process. 
[0007] Under SIP, When a user device moves to a neW 
location and undergoes handover, any open data session With 
a data server Will be terminated and re-registration of the user 
device using the neW IP address occurs With the SIP registrar 
server. The user device then noti?es the data server of the neW 
IP address, so that a neW RTP session can be set up to the neW 
IP address. OtherWise any restarted RTP session Will send 
data to the old IP address. This process is illustrated in the 
message How diagram of FIG. 2, steps 226 to 236, Which is 
described in more detail later. 
[0008] This process of handover using SIP, Whilst effective, 
is fairly sloW. RTP sessions need to be terminated and 
restarted every time there is a change in IP address, Which is 
time consuming. In particular, the process of creating a neW 
SIP Invite message to notify the data server of the neW IP 
address takes time, as does the sending of it and the process 
ing by the SIP stack at the data server to extract the neW IP 
address in the message. The neW IP address is then passed to 
the application interface in the data server, Which in turn 
passes it to the application that is sending the data to the user 
device for creating a neW RTP session. A neW RTP session is 
then ?nally created. All this takes time, so When a user device 
moves to a neW location, after the IP address has changed, but 
before the change is picked up by the application in the data 
server sending the data, data can be lost from the original RTP 
session sending data to the old IP address. This can result in 
noticeable interruptions to real-time services such as a voice 
call or video streaming. 

SUMMARY OF THE INVENTION 

[0009] It is the aim of embodiments of the present invention 
to address one or more of the above-stated problems. 
[0010] According to one aspect of the present invention, 
there is provided a method of handling a data stream during a 
handover in a communications netWork comprising a ?rst 
user agent having a ?xed address, a proxy server and a second 
user agent, said method comprising the steps of: 

[0011] (i) mapping at the proxy server the ?xed address 
With a dynamic netWork address allocated to the ?rst 
user agent; 

[0012] (ii) sending a request by the ?rst user agent to the 
second user agent for a data stream; 

[0013] (iii) generating by the second user agent in 
response to the request a plurality of messages each 
comprising part of the data stream requested and the 
?xed address of the ?rst user agent, Wherein the message 
is a session initiation protocol message, and sending the 
messages to the proxy server; 

[0014] (iv) receiving the messages at the proxy server 
and determining the mapped dynamic netWork address 
corresponding to the ?xed address in the message, and 
forWarding the messages to the determined dynamic 
netWork address; and 

[0015] (v) When the ?rst user agent is allocated a neW 
dynamic netWork, address, replacing by the proxy server 
the mapped dynamic netWork address With the neW 
dynamic netWork address and forWarding the received 
messages to the neW dynamic netWork address. 
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[0016] In preferred embodiments, the dynamic network 
address is an IP address, and the neW dynamic network 
address results from the ?rst user agent moving from a ?rst 
subnet to a second subnet. This may be caused by a change in 
location. 

[0017] Each message generated is typically a SIP MES 
SAGE message, Which comprises a message header and a 
message body. The data stream is broken doWn into indi 
vidual packets or components if too large to be included in a 
single message, and is inserted into the message body. The 
?xed address, Which may be a SIP URI, is located in the 
message header. 

[0018] The request message may be a SIP INVITE mes 
sage, and include in the header a call identi?er. This same call 
identi?er is included in the subsequently generated messages 
carrying the data stream. 
[0019] The ?rst user agent can then parse each message 
received from the proxy server in dependence on the call 
identi?er in the message. As a result of the call identi?er 
matching up With the one used in the original request, the ?rst 
user agent knoWs the format of the message (one having a data 
stream embedded) and can parse it accordingly. 
[0020] Each generated message may also include a 
sequence number to indicate a preferred order for the mes sage 
to be processed by the ?rst user agent. 

[0021] In a preferred embodiment, the ?rst user agent main 
tains the ?rst dynamic netWork address until the second 
dynamic netWork address has been allocated and registered 
With the proxy server. This describes a “make or break” 
scenario Where a user agent detects that a handover is possible 
and “makes” a neW connection before “breaking” the old 
connection to ensure a smoother handover. 

[0022] In the above examples, the ?rst and second user 
agents may be SIP devices, such as SIP phones, SIP enabled 
laptops and SIP content servers. 

[0023] Thus, the embodiments of the present invention 
overcome the problem of the delay in restarting an RTP 
session after handover in a netWork by utilising modi?ed SIP 
messages to carry the data, and handling these messages in 
the manner described. So, When a user agent changes IP 
address and has to re-register With a proxy server, the inven 
tion negates the need to generate and send a neW a SIP 
INVITE message to the other user agent or content server to 
inform it of a change in IP address for use in a-neW RTP 
session. This is because the user agent is using a modi?ed SIP 
message to carry the data, With all the SIP messages 
addressed to the ?rst user agent using its SIP URI, Which 
remains constant even after moving to a IP address. The SIP 
messages are routed via the proxy server, Which folloWing 
re-registration is aWare of the change in IP address, and routes 
the SIP messages carrying the data stream accordingly. 
[0024] Embodiments of the present invention negate the 
need for separate INVITE messages to inform the content 
server of the neW IP address, as the data being streamed is no 
longer being transferred directly using RTP or some other 
similar peer to peer transport protocol. 

[0025] Furthermore, the content server does not have to 
alter its processing before and after handover, unlike With 
RTP. The SIP proxy server needs no modi?cation over exist 

ing SIP proxy servers, as SIP messages embedded With data 
content can be handled like a normal SIP message. The only 
modi?cations needed are to the SIP stack and some other 
modules in the user agent endpoints. 
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[0026] Embodiments of the invention provide more control 
over the data being streamed, as signalling and transport data 
is merged. This also makes charging for transfer of data easier 
to manage as it is more transparent to the netWork. 
[0027] Security is also increased, as anonymity of the user 
agent is maintained as no IP addresses are relayed to the other 
user agent. It is even possible to register a temporal URI from 
the proxy/registrar and use that to ensure even greater ano 
nymity. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0028] For a better understanding of the present invention 
reference Will noW be made by Way of example only to the 
accompanying draWings, in Which: 
[0029] FIG. 1 is a netWork diagram illustrating a SIP client 
roaming betWeen subnets; 
[0030] FIG. 2 is a message How diagram of SIP based 
handover in the prior art; 
[0031] FIG. 3 is a diagram illustrating the components of a 
SIP user agent in an embodiment of the present invention; 
[0032] FIG. 4 is a message How diagram of SIP based 
handover in an embodiment of the present invention; 
[0033] FIG. 5 is a diagram ofa modi?ed SIP message in an 
embodiment of the present invention. 

DESCRIPTION OF PREFERRED 
EMBODIMENTS 

[0034] The present invention is described herein With ref 
erence to particular examples. 
[0035] The invention is not, hoWever, limited to such 
examples. 
[0036] FIG. 1 illustrates one embodiment of the present 
invention With a netWork 100 comprising a SIP client 102, a 
SIP proxy server 104 and a SIP content server 106. The 
netWork 100 may be a Wi-Fi netWork, though a person skilled 
in the art Will appreciate that embodiments of the present 
invention Will apply to other netWork access methods. 
[0037] In this example, the content server 106 is a video 
streaming server and the client 102 may be a PDA or laptop. 
These “endpoints” can be varied and are typically based on 
standard netWork entities adapted to operate using SIP using 
a SIP client, such as a SIP phone. Thus, a normal laptop 
installed With a SIP client application can utilise SIP for 
establishing and terminating a communication session. In this 
example, the client 102 has a universal resource indicator 
(U RI) of “sip:fernando@bt.com”. The content server 106 has 
a URI of “sip:conent@bt.com”. 
[0038] The SIP proxy server 104 is used to route requests 
from one user agent, such as the content server 106, to the 
location of another user agent, such as the client 102. The SIP 
proxy server 104 also performs other functions such as 
authentication of the client 102. 
[0039] The netWork 100 comprises tWo subnets: subnet_A 
110 and subnet_B 112. Subnet_A 110 may be served by one 
Wi-Fi access point, and subnet_B 112 may be served by 
another access point. The content server 106 provides ser 
vices such as audio and video streaming and doWnloads. 
When the client 102 moves from one subnet to the other, a 
neW IP address is assigned to the client 102, and the client 102 
as to re-register the neW IP address With the SIP proxy server. 
This process of moving location and being assigned a neW IP 
address is commonly referred to as handover. If the client 102 
Was engaged in a data session With the content server 106 
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before handover, then that data session Will effectively be 
terminated once the client 102 moves to a neW IP address, so 
after handover the client 102 has to notify the content server 
106 of its neW IP address in order to re-establish the data 
session. The method used to re-establish a data session under 
SIP following handover from one subnet to another Will noW 
be described in more detail With reference to FIG. 2. Refer 
ences in FIG. 2 to the elements found in FIG. 1 are made using 
like reference numerals. 
[0040] FIG. 2 illustrates the steps involved in ?rst estab 
lishing a session betWeen the client 102 and the content server 
106, to stream a multimedia ?le from the content server 106, 
and then the steps following a handover, caused by a change 
in location for example. 
[0041] The client 102 starts off in subnet_A 110, and is 
allocated an IP address “IPaddr_A” by the access point serv 
ing subnet_A 110. Then, in step 210, the client 102 sends a 
SIP REGISTER message to the SIP proxy server 104 to 
register the IP address With the SIP registrar. The SIP registrar 
(not shoWn in the ?gures) is responsible for maintaining 
information on user agents’ locations and mapping their SIP 
URIs against each of their allocated IP addresses. The SIP 
registrar is typically co-located With the SIP proxy server 104, 
though in some cases it may reside in a separate server. For the 
sake of simplicity, it Will be assumed that the SIP proxy server 
104 includes the functionality of a SIP registrar. 
[0042] FolloWing receipt of the SIP Register message in 
step 104, the SIP proxy server 104 maps the SIP URI of the 
client “sip:fernando@bt.com” With the client’s current IP 
address “IPaddr_A”. The SIP proxy server 104 then returns a 
SIP 200 OK message in step 212 to the client 102. 
[0043] The client 102 then contacts the content server 106 
to stream some video or audio data from the content server 
106. The client 102 does so by sending a SIP INVITE mes 
sage to the content server 106, Which goes via the SIP proxy 
server 104 in step 214. The SIP INVITE message contains the 
IP address of the client 102 “IPaddr_A”. The content server 
106 responds to the SIP INVITE message forWarded by the 
SIP proxy server 104 in step 216 With a SIP 200 OK message 
in step 218. This is received by the SIP proxy server 104 and 
forWarded to the client 102 in step 220. 
[0044] Also, as soon as the content server 106 receives the 
SIP INVITE message, the SIP stack inside the content server 
106 parses the INVITE message to extract the IP address of 
the client 102, together With other data included in the SDP 
portion of the message body, Which are then used to establish 
an RTP session. This is shoWn in step 222. The content server 
106 sets up an RTP session directly With the client 102 (a peer 
to peer connection in effect), Which it uses to start streaming 
the content requested by the client 102 as shoWn in step 224. 
[0045] Whilst data is still being transferred from the con 
tent server 106 to the client 102, the client 102 moves loca 
tion, and more importantly, changes subnet from subnet_A 
110 to subnet_B 112 in step 226. The result of the change to 
subnet_B 112 is that the client 102 is allocated a neW IP 
address “IPaddr_B”. This change in IP address is communi 
cated to the SIP proxy server 104 in step 228 through a SIP 
REGISTER message. The SIP proxy server 104 responds 
With a SIP 200 OK message in step 230. 
[0046] The client 102 then also has to notify the content 
server 106 that its IP address has changed, otherWise the 
content server 106 Will continue to send data using the RTP 
session established in step 224 to the client’s original IP 
address. The client 102 noti?es the content server 106 With a 
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neW SIP INVITE message sent via the SIP proxy server 104 
in step 232. The neW SIP INVITE message contains the neW 
IP address “IPaddr_B” of the client 102. The content server 
106 responds to the SIP INVITE message forWarded by the 
SIP proxy server 104 in step 234 With a SIP 200 OK message 
in step 236. This is received by the SIP proxy server 104 and 
forWarded to the client 102 in step 238. 
[0047] Furthermore, as soon as the content server 106 
receives the neW SIP INVITE message in step 234, the SIP 
stack inside the content server 106 parses the message to 
extract the neW IP address of the client 102, together With the 
SDP data from the message body, Which are then used to 
establish a neW RTP session in step 240. This information is 
passed from the SIP stack in the content server 106 to the 
application interface in the content server, so that the appli 
cation streaming the data can establish a neW RTP session to 
replace the one set-up in step 224, Which Will up to noW have 
been sending data to the old IP address. The neW RTP session 
resumes data transfer from Where the old RTP session termi 
nated as is shoWn in step 242. 
[0048] It is clear from the steps above that betWeen steps 
226 and 242, from Where the client 102 changes subnet and 
thus IP address to When a neW RTP session is established, data 
transferred in the original RTP session to the original IP 
address Will be lost. 
[0049] FIG. 3 illustrates a SIP user agent 300 in an embodi 
ment of the present invention, such as the client 102 or the 
content server 106. The SIP user agent 300 includes a SIP 
stack 302, an application interface 304 and an IP stack inter 
face 306. 
[0050] The SIP stack 302 is a functional module used to 
parse and generate SIP messages received by the SIP user 
agent 300. The application interface 304 is used to pass infor 
mation from application running in the SIP user agent 300 to 
the SIP stack 302 for generating SIP messages according to 
embodiments of the present invention. The IP stack interface 
306 communicates With the IP stack of the operating system, 
of the SIP user agent 300 and is used to determine When there 
is a change in the IP address of the SIP user agent 300 and to 
notify the SIP stack 302 of that change, so that re-registration 
of the user agent can take place as necessary. The IP stack 
interface 306 may also receives other netWork information, 
such as IEEE 802 .21 related information Which can be used to 
predict and effect handovers in a netWork. 
[0051] The operation of these elements in the SIP user 
agent 300 Will become apparent in the description of an 
embodiment of the present invention With reference to FIG. 4. 
References in FIG. 4 to the elements found in FIG. 1 are made 
using like reference numerals. 
[0052] In the embodiment shoWn in FIG. 4, the client 102 is 
?rst located in subnet_A 110 and registers its IP address 
“IPaddr_A” With the SIP proxy server 104 by sending a SIP 
REGISTER message containing “IPaddr_A”. The SIP proxy 
104 registers “IPaddr_A” against the SIP URI of the client 
102 “sip:fernando@bt.com” and replies With a SIP 200 OK 
message in step 412. These steps mirror steps 210 and 212 in 
FIG. 2. 
[0053] The client 102 then makes a request to the content 
server 106 to stream some video clip or similar multimedia 
data in an embodiment of the present invention. The client 
does so by sending a SIP INVITE message to the content 
server 106, Which is sent via the SIP proxy server 104 in step 
414. The SIP INVITE message contains in its message body 
SDP information for de?ning the session content and data to 
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be downloaded. Included in the SDP portion is an indicator 
that the request for download of data should be via a “SIP data 
session” according an embodiment of the present invention. 
This indicator may be in the form of a ?ag for example or 
other suitable indicator. The SIP INVITE message also 
includes a “Call-ID” ?eld which is used to uniquely identify 
this call. 
[0054] The SIP INVITE is passed via the SIP proxy server 
104 onto the content server 106 in step 416. The content 
server parses the message using its SIP stack and detects the 
SIP data session indicator in the message. Thus, if the content 
server 106 is able to generate SIP data messages of the type 
requested by the client 106 and also obtain data from the 
relevant applications that provide the requested data for send 
ing using the special SIP data messages, then it will acknowl 
edge the request. In practice, this means that the content 
server 106 will require the functionality described in FIG. 3. 
In step 418, the content server 106 acknowledges the request 
from the client to download some requested data using a SIP 
data session with a SIP 200 OK message. The SIP 200 OK is 
sent via the SIP proxy server 104 and onto the client 102 in 
step 420. 
[0055] The content server 106 now starts generating SIP 
MESSAGE messages in step 422, the content of which are 
illustrated in more detail in FIG. 5. FIG. 5 shows a SIP 
MESSAGE message 500 in an embodiment of the present 
invention. The message 500 includes a message header por 
tion 502 and a message body portion 504. The message 
header 502 includes a “From” ?eld containing the source 
(content server 102) URI and a “To” ?eld containing the 
destination (client 102) URI. The header also contains the 
Call-ID corresponding to the initial SIP INVITE message 
received in step 416. The use of the same Call-ID advanta 
geously provides a simple way of associating the message 
500 with the original request set out in the SIP INVITE. This 
way, the client will know that the message is a SIP data 
session message and can process the message accordingly. 
The message body 504 contains both the data requested by the 
client 102 as well as a sequence number for the message. The 
data requested may be sent using a series of messages depend 
ing on the amount of data that needs to be sent. Hence, the 
sequence number is useful for managing any message sent by 
the content server 106 that is not received by the client 102 in 
the order in which it was sent in. This is even more important 
for data contained in the message that needs to be processed 
in a speci?c order. 
[0056] The data contained in the message body 504 is 
obtained from the video application in the content server 106 
via an application interface and is the data requested by the 
client 102 in step 416. The message 500 itself is generated 
speci?cally by the SIP stack in the content server 102. 

[0057] As each SIP MESSAGE is created, it is sent to the 
URI of the client 102 via the SIP proxy server 104 in step 424. 
The SIP proxy server 104 reads the SIP MESSAGE header to 
obtain the destination of the message as given by the “To” 
?eld, which is the URI of the client 102 “sip:fernando@bt. 
com”. This URI is checked against the mapping data held by 
the SIP proxy server 104 to determine the currently registered 
IP address associated with the URI. In this case, the SIP proxy 
server 104 determines the IP address of the client 102 to be 
“IPaddr_A” and thus forwards the SIP MESSAGE message 
to the client 102 to “IPaddr_A” in step 426. 
[0058] In step 428, the client 102 receives and parses each 
SIP MESSAGE message using a SIP stack. The client 102 
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also contains elements similar to those outlined in FIG. 3, 
including a SIP stack for processing SIP messages. The SIP 
stack determines that the received message being parsed is of 
a SIP data session type either from the general message for 
mat or from the presence of a Call-ID matching that of the 
client’s original SIP INVITE message requesting a SIP data 
session. The SIP stack then parses the message body to obtain 
the data embedded in it. If the message body contains a 
sequence number, then the SIP stack takes this into account 
when processing a series of received messages. For example, 
the SIP stack may buffer out-of-sequence data packets until 
the correctly sequenced data packet is received, and then 
process the data packets accordingly. 
[0059] The process of generating, sending and parsing of 
SIP MESSAGE messages is repeated until all the data 
requested by the client 102 has been sent. 
[0060] Meanwhile, during streaming of the data using the 
SIP MESSAGE messages as described above the client 102 
moves from subnet_A 110 to subnet_B 112 in step 430. One 
consequence of moving subnet is that the client 102 is allo 
cated a new IP address “IPaddr_B”. This change in IP address 
is detected by the IP stack interface in the client and commu 
nicated to the SIP stack. 

[0061] The SIP stack the initiates a re-registration process 
to inform the SIP proxy server 104 of the change in IP 
address. This is done in step 432, where a SIP REGISTER 
message identifying the new IP address “IPaddr_B” is sent to 
the SIP proxy server 104. The SIP proxy server 104 updates 
its mapping information for the SIP URI of the client 102 
“sip:femando@bt.com” with the new IP address “IPaddr_A” 
and replies with a SIP 200 OK message in step 434. 
[0062] Meanwhile, content server 106 is still generating 
and sending data to the client 102 by embedding in the body 
of SIP MESSAGE messages. However, these messages are 
sent to the client 102 using the URI of the client 102 via the 
SIP proxy server 104 as in step 436. So once the SIP proxy 
server 104 is updated with the new IP address of the client 
102, the SIP proxy server 104 can forward any SIP MES 
SAGE messages received from the content server 106 
addressed to the URI of the client to the updated IP address in 
step 438. Thus, there is no need for the client 102 to do 
anything else following a change in the IP address other than 
sending a single SIP REGISTER message to the SIP proxy 
server 104. 

[0063] Processing of the SIP MESSAGE messages by the 
client 102 after a change in IP address (handover) continues 
as before handover. 

[0064] In the above embodiments, some of the SIP mes 
sages that will in practice be sent have been omitted. For 
example, SIP ACK messages are generally sent to respond to 
SIP 200 OK messages. However, as there messages are not 
considered to be essential to the invention have been omitted 
for simplicity. 
[0065] In another embodiment of the present invention, the 
SIP stack in the client 102 includes intelligence to determine 
when a handover may be necessary before the handover actu 
ally takes place. For example, the SIP stack may obtain infor 
mation from the IP stack interface relating to network condi 
tions and other available networks/subnets, and initiate a 
“make before break” handover. In such a situation, the client 
can connect to a new subnet and be allocated a new IP address 

before the old IP address is released. This further reduces the 
already small window during which messages sent by the 
content server 106 may be routed by the SIP proxy server 104 
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to the incorrect (old) IP address. This information may be 
obtained using the IEEE 802.21 protocol Which provides for 
such information based on Which a user agent may initiate 
handovers. 
[0066] The client 102 (or SIP stack) can also decide When a 
data session of the type described above is needed. For 
example, the user of the device may knoW that he is likely to 
be mobile and move around a lot, thereby increasing the 
probability bf requiring changes to his IP address. This can be 
communicated through a suitable interface on the client 102. 
This may be further supported by historical information gath 
ered by the client 102 or from data relating to the network, 
such as knowledge that the netWork has many small subnets. 
For example, if the user does not think that a seamless han 
dover is required and conditions support a loW probability of 
handover, then the SIP data session as described above can be 
bypassed and data transfer using some other method such as 
RTP can be used instead. 

[0067] Furthermore, the client 102 may be selectively 
offered this service by the netWork. For example, the service 
could be seen as a privileged service that is offered to only 
“gold” clients, or may be offered only in certain circum 
stances as determined by the netWork. 
[0068] A person skilled in the art Will appreciate that Whilst 
the above examples refer to a content server sending mes 
sages to a client, various speci?c end point devices can be 
used in their place, as long as they are able to send and receive 
SIP messages. 
[0069] For example, the client 102 may be a SIP phone and 
the content server 106 replaced With another SIP phone. Thus, 
one SIP phone may invite the other SIP phone to video call 
(steps 414 to 420). After step 420, both SIP phones may 
generate and send SIP MESSAGE messages to communicate 
With each other. When either SIP phones changes IP address, 
then that SIP phone just needs to re-register as in steps 432 
and 434 for subsequent MESSAGE messages to be forWarded 
accordingly to the neW IP address. Thus, the users of both SIP 
phones Will be able to enjoy a seamless conversation. 
[0070] In general, it is noted herein that While the above 
describes examples of the invention, there are several varia 
tions and modi?cations Which may be made to the described 
examples Without departing from the scope of the present 
invention as de?ned in the appended claims. One skilled in 
the art Will recognise modi?cations to the described 
examples. 

1. A method of handling a data stream during a handover in 
a communications netWork comprising a ?rst user agent hav 
ing a ?xed address, a proxy server and a second user agent, 
said method comprising the steps of: 

Jul. 9, 2009 

(i) mapping at the proxy server the ?xed address With a 
dynamic netWork address allocated to the ?rst user 
agent; 

(ii) sending a request by the ?rst user agent to the second 
user agent for a data stream; 

(iii) generating by the second user agent in response to the 
request a plurality of messages each comprising part of 
the data stream requested and the ?xed address of the 
?rst user agent, Wherein the message is a session initia 
tion protocol message, and sending the messages to the 
proxy server; 

(iv) receiving the messages at the proxy server and deter 
mining the mapped dynamic netWork address corre 
sponding to the ?xed address in the message, and for 
Warding the messages to the determined dynamic 
netWork address; and 

(v) When the ?rst user agent is allocated a neW dynamic 
netWork address, replacing by the proxy server the 
mapped dynamic netWork address With the neW 
dynamic netWork address and forWarding the received 
messages to the neW dynamic netWork address. 

2. A method as claimed in claim 1, Wherein the dynamic 
netWork address is an IP address. 

3. A method as claimed in claim 1, Wherein the neW 
dynamic netWork address results from the ?rst user agent 
moving from a ?rst subnet to a second subnet. 

4. A method as claimed in claim 1, Wherein the neW 
dynamic netWork address results from a change in location. 

5. A method as claimed in claim 1, Wherein each message 
comprises a message header and message body, and the data 
stream is embedded in the message body and the ?xed address 
is in the message header. 

6. A method as claimed in claim 1 Wherein the request 
comprises a call identi?er and each generated message com 
prises the same call identi?er. 

7. A method as claimed in claim 1 Wherein the ?rst user 
agent parses each message from the proxy server in depen 
dence on the call identi?er in each message. 

8. A method as claimed in claim 1 Wherein each generated 
message includes a sequence number to indicate a preferred 
order for the message to be processed by the ?rst user agent. 

9. A method according to claim 1, Wherein the ?rst user 
agent maintains the ?rst dynamic netWork address until the 
second dynamic netWork address is allocated and registered 
With the proxy server. 

10. A method according to claim 1, Wherein the ?rst and 
second user agents are SIP devices. 

11. A method according to claim 1, Wherein the ?xed 
netWork address is a SIP universal resource indicator. 

* * * * * 


